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DETAILED ACTION 

Response to Arguments 

1 . Applicant's arguments filed 1 1/26/2007 have been fully considered but they are 
not persuasive. 

The applicant argues that the references used do not teach an estimated noise 
history to signal frames to computer a spectral gain function, computing SNR 
magnitudes of the signal frames, and detecting voice activity as a function of conditional 
comparisons of received signal-to-noise ratios and average signal-to-noise ration 
thresholds. 

Johnson (US 6,415,253) teaches a system that computes the average energy of 
the overall signals then compares it to the incoming signals and analyzes the 
relationship between the energies of which are composed of calculated SNR values and 
used to determine levels of SNR in the received signal and the average signals (column 
8 lines 46-67). 
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Claim Rejections - 35 USC § 103 

1 . The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or 
described as set forth in section 102 of this title, if the differences between the 
subject matter sought to be patented and the prior art are such that the subject 
matter as a whole would have been obvious at the time the invention was made to a 
person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 

2. Claims 1-10, 19, 22, 24-26, 42-44 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Johnson (US 6,415,253) in view of Adlersberg et al. (US 5,012,519). 

As to claim 1 , Johnson discloses a method of reducing a noise component of an input 
speech signal (noise suppression device Abstract lines 1-3) comprised of signal frames 
on a channel (dividing the received signal into data frames Abstract lines 3-5) 
comprising the steps of: applying a windowed Fourier transformation to said signal 
frames (applying fast Fourier transform to the appended data frames, abstract lines 7- 
9); approximating signal magnitudes of said signal frames (producing sets of magnitude 
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components of the frequency spectrum for each of the frames, column 7 lines 20-24); 
computing Signal-to-Noise Ratio magnitudes of said signal frames (in spectral 
subtraction a signal-to-noise ratio is calculated by considering the magnitudes of the 
speech and noise signal, column 1 lines 55-60); detecting voice activity in said channel 
(voice activity, which is the speech signal, is detected from the input channel for the use 
of signal-to-noise ratio, column 1 lines 56 and 57; column 2 line 61 ) as a function of 
conditional comparisons of received signal-to-noise ratios and average signal-to-noise 
ratio thresholds (computing the average energy of the overall signals then compares it 
to the incoming signals and analyzes the relationship between the energies of which are 
composed of calculated SNR values and used to determine levels of SNR in the 
received signal and the average signals, column 8 lines 46-67); detecting noise activity 
in said channel (noise activity, which is the noise signal, is detected from the input 
channel for the use of signal-to-noise ratio, column 1 lines 57 and 58; column 2 line 61); 
estimating gain in said signal frames, producing gain multiplicative factors based on the 
noise spectral estimate and frequency spectrum components (the frequency 
components are received from the windowed frame of signals, see column 3 lines 50 - 
57); applying said spectral gain function to the components of said windowed Fourier 
transformation (applying the gain factor to the frequency components, column 3 lines 
57-60); and, applying an inverse Fourier transform to said signal frames thereby 
reconstructing a noise reduced output signal frame (once the noise has been reduced 
from the signal an inverse Fast Fourier Transform, column 1 lines 62-64, is used to 
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convert the frequency components of the frames into time domain and reconstructing 

the noise reduced signal, column 3 lines 59-61 . 

Johnson does not specifically disclose applying an estimated noise history to 
signal frame. Adlersberg teaches a noise reduction system (see title), of which 
applies an estimated noise history to signal frames to compute a spectral gain 
function, the gain function that is calculated depends on the adaptive noise 
estimates, which include averages of historical values, column 2 lines 50-52 and 56; 
It would have been obvious to one having ordinary skill in the art at the time the 
invention was made to have modified the noise reduction method of Johnson with 
historic SNR values for gain function calculation as disclosed by Adlersberg. Doing 
so would have given a more accurate noise estimator for the gains in each frame 
that change according to the SNR values. 

As to claim 2, Johnson does not specifically disclose using a database for stored 
historical SNR values. Adlersberg teaches using current and previous noise 
estimates (see column 2 lines 58 &59), their storage imply using a database. It 
would have been obvious to one having ordinary skill in the art at the time the 
invention was made that if more accurate calculations are made for SNR from 
historical values, these historical values would have to be stored in a list or in some 
organized fashion that constitute a database. 
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As to claim 3, Johnson discloses estimating noise values from signal frames, in 
the abstract it clearly states that an input signal is converted into frames and the 
signal is processed as frames from the beginning of the process until the end, (a 
SNR value is generated for the speech in each frequency component (the frequency 
components are received from the windowed frame of signals (see column 3 lines 
50 and 51))) (see column 1 lines 57 and 58). Johnson does not specifically disclose 
applying an estimated noise history to signal frame. Adlersberg teaches a noise 
reduction system (see abstract), of which applies an estimated noise history to 
signal frames to compute a spectral gain function (the gain function that is calculated 
depends on the prior and posterior signal-to-noise ratios, which are historical values) 
(see column 7 lines 45-50); It would have been obvious to one having ordinary skill 
in the art at the time the invention was made to have modified the noise reduction 
method of Johnson, with historic SNR values for gain function calculation as 
disclosed by Adlersberg. Doing so would have given an accurate statistical 
estimator of how the gains in each frame should change according to the past SNR 
values. 

As to claim 4, Johnson discloses using signal frames that are overlapped 
and added to previous signal frames (Johnson teaches overlapping adjacent 
frames (see column 15 lines 33-36) and using the immediately previous frame 
(see column 15 lines 41-46). 



Application/Control Number: Page 7 

10/678,222 

Art Unit: 2626 

As to claim 5, Johnson discloses filtering said signal-to-noise ratio 
magnitude and signal magnitude prior to detecting voice activity in channel 
(Johnson teaches using a filter to process a SNR magnitude values, which come 
from the signal and noise magnitude values. These values are then used to 
calculate a gain value in order to apply to the frequency spectrum once the voice 
activity has been detected (at this point the gain ratio would be applied to the 
voice activity, once the SNR values are detected the gain values are calculated 
in order to use on the components when undesirable speech is detected, which 
is done by the VAD column 4 lines 1-7, therefore the SNR values are filtered 
before detecting voice activity, see column 1 lines 52-60). 

As to claim 6, Johnson discloses applying a windowed Fourier transform 
(a transform obtains frequency spectrum components from the windowed frame 
of signals, column 3 lines 49-52) on noise reduced output signal frame (once the 
noise has been reduced from the signal an inverse transformer (of which is an 
inverse Fast Fourier Transform (see column 1 lines 62-64)) is used to convert the 
frequency components of the frames into time domain and reconstructing the 
noise reduced signal) (see column 3 lines 59-61). 



As to claim 8, 25, and 43, Johnson does not specifically disclose said 
noise component is Gaussian. Adlersberg teaches reducing noise signal from a 
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speech signal; the noise signal being a Gaussian signal, column 7 lines 25-28. It 
would have been obvious to one having ordinary skill in the art at the time the 
invention was made to have modified the noise signal disclosed in Johnson with 
the Gaussian signal in Adlersberg. Gaussian noise signals are a very common 
noise signal and in order to effectively reduce all noise signals, Gaussian noise 
signals would also have to be included. 

As to claim 9, 24, and 42, Johnson discloses ramped noise (a non- 
stationary noise like a car passing at a distance; Johnson teaches non-stationary 
noise that can come from a passing car, column 3 lines 16-19). 

As to claim 10, 26, and 44, Johnson discloses non-stationary noise (see 
column 3 lines 16 & 17). 

As to claim 19, Johnson discloses noise reduced output signal frame is 
overlapped and added to previous noise reduced output signals frame (Johnson 
teaches overlapping adjacent frames, column 15 lines 33-36) and using the 
immediately previous frame (see column 15 lines 41-46). 

As to claim 22, Johnson discloses the method of reducing noise wherein 
the entire process is repeated responsive to the presence of additional input 
speech signal frames (Johnson a state transition diagram of the enclosed 
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invention where the process is repeated upon receiving speech signals) (see 
figure 2). 

As to claim 43, Johnson discloses the use of ramped noise (ramped noise 
is defined as a non-stationary noise like a car passing at a distance. Johnson 
teaches using non-stationary noise that can come from a passing car) (see 
column 3 lines 14-19). 

As to claim 44, Johnson discloses the use of non-stationary noise (see 
column 3 lines 14-19). 

3. Claims 20, 21 , 23, 34-42 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Johnson (US 6,415,253) in view of Adlersberg et al. (US 5,012,519) 
as applied to claims 1 , 23, 28 and 35 and in further view Sluijter et al. (US 6,985,855). 

As to claim 20, Johnson discloses using the average noise from the input 
signal (see column 8 lines 46-55). Johnson does not disclose specifically 
average noise is filtered from the noise reduced output signal frame. Sluijter 
teaches a post-process of filtering an output signal that passes through a 
synthesis filter and using a threshold value to see if noise exists in the signal (see 
column 2 lines 47-59). When noise is detected it is then reduced, column 1 1 
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lines 50-60. It would have been obvious to one having ordinary skill in the art at 
the time the invention was made to have modified the noise signal disclosed in 
Johnson with the post-process of Sluijter. Making the post-processing means 
dependent of the background noise the speech quality can be improved (see 
column 2 lines 55-60). 

As to claim 21 , Johnson does not disclose specifically the step of filtering 
said average noise comprises adapting a post-processed noise level to an 
acceptable level. Sluijter teaches a post-process of filtering an output signal that 
passes through a synthesis filter and using a threshold value to see if noise 
exists in the signal (see column 2 lines 47-59). When noise is detected it is then 
reduced, column 1 1 lines 50-60. It would have been obvious to one having 
ordinary skill in the art at the time the invention was made to have modified the 
noise signal disclosed in Johnson with the post-process of Sluijter. Making the 
post-processing means dependent of the background noise the speech quality 
can be improved (see column 2 lines 55-60). 

As to claim 23, Johnson discloses a method of filtering a noise component 
from an input speech signal comprised of signal frames the improvement (see 
abstract lines 1-10) comprising the steps of: estimating said noise component 
present in the speech signal (noise activity (which is the noise signal) is detected 
from the input channel for the use of signal-to-noise ratio) (see column 1 lines 57 
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and 58); modifying said input speech signal based on an estimation of the noise 
component (Johnson teaches applying the gain factor to in order to modify the 
frequency components (the frequency components are received from the 
windowed frame of signals (see column 3 lines 50 and 51 )) in order to attenuate 
the spectrum) (see column 3 lines 55-60); identifying speech segment from said 
noise component (voice activity (which is the speech signal) is detected from the 
input channel for the use of signal-to-noise ratio) (see column 1 lines 56 and 57) 
as a function of conditional comparisons of received signal-to-noise ratios and 
average signal-to-noise ratio thresholds (computing the average energy of the 
overall signals then compares it to the incoming signals and analyzes the 
relationship between the energies of which are composed of calculated SNR 
values and used to determine levels of SNR in the received signal and the 
average signals, column 8 lines 46-67); Johnson does not specifically disclose 
adapting a post-processed noise component to an acceptable, noise-reduced 
level. Sluijter teaches a post-process of filtering an output signal that passes 
through a synthesis filter and using a threshold value to see if noise exists in the 
signal (see column 2 lines 47-59). When noise is detected it is then reduced, 
column 1 1 lines 50-60. It would have been obvious to one having ordinary skill in 
the art at the time the invention was made to have modified the noise signal 
disclosed in Johnson with the post-process of Sluijter. Making the post- 
processing means dependent of the background noise the speech quality can be 
improved (see column 2 lines 55-60). 
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As to claim 34, Johnson does not disclose specifically said second filtering 
means adapts a post-processed noise level to an acceptable level. Sluijter 
teaches a post-process of filtering an output signal that passes through a 
synthesis filter and using a threshold value to see if noise exists in the signal (see 
column 2 lines 47-59). When noise is detected it is then reduced, column 1 1 
lines 50-60. It would have been obvious to one having ordinary skill in the art at 
the time the invention was made to have modified the noise signal disclosed in 
Johnson with the post-process of Sluijter: Making the post-processing means 
dependent of the background noise the speech quality can be improved (see 
column 2 lines 55-60).' 

As to claim 35, Johnson discloses a method of noise cancellation in a 
received speech signal comprised of signal frames (Johnson teaches a noise 
suppression (of which cancels noise) device) (see abstract lines 1-3) comprising 
the steps of: applying a windowed Fourier transform to said signal frames 
(Johnson discloses applying fast Fourier transform to the appended data frames) 
(see abstract lines 7-9); estimating a noise component present in said signal 
frames (noise activity (which is the noise signal) is detected from the input 
channel/components for the use of signal-to-noise ratio) (see column 1 lines 57 
and 58); modifying said signal frames based on a calculated noise estimate (this 
is done by producing gain multiplicative factors based on the noise spectral 
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estimate and frequency spectrum components (the frequency components are 
received from the windowed frame of signals (see column 3 lines 50 and 51'))) 
(see column 3 lines 55-57); identifying speech segments from said noise 
. component (voice activity (which is the speech signal) is detected from the input 
channel for the use of signal-to-noise ratio) (see column 1 lines 56 and 57) as a 
function of conditional comparisons of received signal-to-noise ratios and 
average signal-to-noise ratio thresholds (computing the average energy of the 
overall signals then compares it to the incoming signals and analyzes the 
relationship between the energies of which are composed of calculated SNR 
values and used to determine levels of SNR in the received signal and the 
average signals, column 8 lines 46-67). 

Johnson does not disclose specifically adapting a post-processed noise 
level to an acceptable level Sluijter teaches a post-process of filtering an output 
signal that passes through a synthesis filter and using a threshold value to see if 
noise exists in the signal (see column 2 lines 47-59). When noise is detected it is 
then reduced, column 11 lines 50-60. It would have been obvious to one having 
ordinary skill in the art at the time the invention was made to have modified the 
noise signal disclosed in Johnson with the post-process of Sluijter. Making the 
post-processing means dependent of the background noise the speech quality 
can be improved (see column 2 lines 55-60). 
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As to claim 36, Johnson discloses approximating magnitudes of said 
signal frames (Johnson discloses producing sets of magnitude components of 
the frequency spectrum for each of the frames) (see column 7 lines 20-24); 
computing Signal-to-Noise Ratio magnitudes of said signal frames (Johnson 
explains that in spectral subtraction a signal-to-noise ratio is calculated by 
considering the magnitudes of the speech and noise signal) (see column 1 lines 
55-60); detecting any noise component on said channel (noise activity (which is 
the noise signal) is detected from the input channel for the use of signal-to-noise 
ratio) (see column 1 lines 57 and 58); detecting stepping noise component on 
said channel (noise activity (which is the noise signal) is detected from the input 
channel for the use of signal-to-noise ratio (see column 1 lines 57 and 58) and 
the noise component is a stepping noise like a non-stationary noise (ramped 
noise is defined as a non-stationary noise like a car passing at a distance. 
Johnson teaches using non-stationary noise that can come from a passing car) 
(see column 3 lines 14-19)); and estimating a gain in said noise component (this 
is done by producing gain multiplicative factors based on the noise spectral 
estimate and frequency spectrum components (the frequency components are 
received from the windowed frame of signals (see column 3 lines 50 and 51 ))) 
(see column 3 lines 55-57). 



As to claim 37, Johnson discloses noise components comprising ramping 
noise components, non-stationary noise components, or both (ramped noise is 
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defined as a non-stationary noise like a car passing at a distance. Johnson 
teaches using non-stationary noise that can come from a passing car) (see 
column 3 lines 14-19). 

As to claim 38, Johnson does not specifically disclose computing a spectral 
gain function from an estimated noise history. Adlersberg teaches a noise reduction 
system (see abstract), of which applies an estimated noise history to signal frames 
to compute a spectral gain function (the gain function that is calculated depends on 
the prior and posterior signal-to-noise ratios, which are historical values) (see 
column 7 lines 45-50); It would have been obvious to one having ordinary skill in the 
art at the time the invention was made to have modified the noise reduction method 
of Johnson with historic SNR values. for gain function calculation as disclosed by 
Adlersberg. Doing so would have given an accurate statistical estimator of how the 
gains in each frame should change according to the past SNR values. 

As to claim 39, Johnson discloses applying an inverse Fourier transform 
thereby reconstructing noise reduced signal frames (of which is an inverse Fast 
Fourier Transform (see column 1 lines 62-64)) is used to convert the frequency 
components of the frames into time domain and reconstructing the noise reduced 
signal) (see column 3 lines 59-61). Johnson also discloses applying said 
spectral gain function to the components of a Fourier transform of said signal 
frames (Johnson teaches applying the gain factor to the frequency components 
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(the frequency components are received from the windowed frame of signals 
(see column 3 lines 50 and 51)) in order to attenuate the spectrum) (see column 
3 lines 55-60). Johnson teaches applying said spectral gain function to the real 
and imaginary components of a Fourier transform of said signal frames. It would 
have been obvious to one having ordinary skill in the art at the time the invention 
was made to have modified the noise reduction method of Johnson with the 
description of real and imaginary components in its Fourier transform calculation, 
since Johnson discloses using the frequency components with the Fourier 
transform and a Wiener filter, the Fourier transform that is used with the Wiener 
filter includes real and imaginary parts in its calculation in order to describe the 
speech signal. 

As to claim 40, Johnson discloses identifying speech segments from said 
noise component further comprises applying a windowed Fourier transform on an 
output signal frame (once the noise has been reduced from the signal an inverse 
transformer (of which is an inverse Fast Fourier Transform (see column 1 lines 
62-64)) is used to convert the frequency components of the frames into time 
domain and reconstructing the noise reduced signal) (see column 3 lines 59-61). 

As to claim 41 , Johnson does not specifically disclose adapting a post- 
precessed noise component to an acceptable level further comprises filtering 
average noise from an output signal frame. Sluijter teaches a post-process of 



Application/Control Number: Page 17 

10/678,222 

Art Unit: 2626 

filtering an output signal that passes through a synthesis filter and using a 
threshold value to see if noise exists in the signal (see column 2 lines 47-59). 
When noise is detected it is then reduced, column 1 1 lines 50-60. It would have 
been obvious to one having ordinary skill in the art at the time the invention was 
made to have modified the noise signal disclosed in Johnson with the post- 
process of Sluijter. Making the post-processing means dependent of the 
background noise the speech quality can be improved (see column 2 lines 55- 
60). 



As to claim 42, Johnson discloses the use of Gaussian noise component 
(Johnson refers to a related art that uses similar method to reduce noise and the 
noise component is an additive white noise). It would have been obvious to one 
having ordinary skill in the art at the time the invention was made that a Gaussian 
noise component that has a probability density function, which is commonly used 
as additive white noise to yield additive white Gaussian noise. 



4. Claim 27 is rejected under 35 U.S.C. 103(a) as being unpatentable over Johnson 
(US 6,415,253) in view of Adlersberg et al. (US 5,012,519) as applied to claim 23 and in 
further view of Hermansky et al. (US 6,098,038). 
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As to claim 27, Johnson discloses applying said spectral gain function to 
the real and imaginary components of a fourier transform of said input speech 
signal (Johnson teaches applying the gain factor to the frequency components 
(the frequency components are received from the windowed frame of signals 
(see column 3 lines 50 and 51 )) in order to attenuate the spectrum) (see column 
3 lines 55-60); and, processing said Fourier transform by an inverse Fourier 
transform thereby reconstructing a noise reduced speech signal (once the noise 
has been reduced from the signal an inverse transformer (of which is an inverse 
Fast Fourier Transform (see column 1 lines 62-64)) is used to convert the 
frequency components of the frames into time domain and reconstructing the 
noise reduced signal) (see column 3 lines 59-61). 

Johnson or Adlersberg does not specifically disclose using a histogram. 
Hermansky teaches using an estimated noise histogram and/or a generated 
noise histogram compute a spectral gain function (this is done by computing the 
histogram of the noise signal's amplitudes. The peak of the smoothed histogram 
is chosen as the noise amplitude estimate. These calculations are further used 
to estimate the noise-to-signal ratio, column 4 lines 35-43). It would have been 
obvious to one having ordinary skill in the art at the time the invention was made 
to have modified the spectral gain function method of Johnson with the use of 
histogram calculations as disclosed by Hermansky. Doing so would allow to 
make a more accurate estimation of a stationary noise signal level and clean 
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speech signal. Since the power of the clean speech signal is unknown, the power 
of the available noisy signal can be used, thus obtaining an estimate of the noisy 
signal-to-noise ratio, column 4 lines 39-41). 

5. Claims 11-15, 18, and 28-32 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Johnson (US 6,415,253) in view of Adlersberg et al. (US 5,012,519) 
as applied to claims 1 and 28, and in further view of Bizjak et al. (US PGPub 
2003/0035549) and Hermansky et al. (US 6,098,038). 

As to claim 1 1 , Johnson and Adlersberg do not specifically disclose 
sampling a slew rate of said noise reduced output signal frame. Bizjak teaches a 
signal processing method where the slew rate is calculated and applied to non- 
linear smoothing which keeps the output signal under the clipping threshold (see 
' paragraph [0326] lines 12-17). It would have been obvious to one having ordinary 
skill in the art at the time the invention was made to have modified the spectral 
gain function method of Johnson with the use of the calculation of the slew rate 
as disclosed by Bizjak, by doing so it would have been easier to detect ramping 
noise signals since the slew rate calculate the rate of change of the noise signal 
in time (see paragraph [0326] lines 14-18). 



o 
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As to claim 12, Johnson discloses deciding to continue said sampling, the 
sampling can be done a 8kHz and will continue until a desired amount of bits 
have been sampled. The system decides to continue sampling until the desired 
sampling bits are accomplished, column 6 lines 13-20. Johnson does not 
specifically disclose using a counter, slew rate, or histogram. Bizjak teaches 
using a clip event counter as an input and updating the counter by using a reset 
clip counter, in order to reset a counter the counter would have to be started 
initially (see table A in paragraph [0237]). Bizjak also teaches adjusting the 
sample slew rate; the slew rate is calculated and applied to non-linear smoothing 
which keeps the output signal under the clipping threshold (see paragraph [0326] 
lines 12-17). Hermansky teaches encoding and a noise sample and decoding a 
noise estimate, in order for the noise signal to be used for further calculations it 
would have to be encoded from an input signal, column 4 lines 35-37 and 
decoded in its raw form for further analysis. Hermansky also teaches using an 
estimated noise histogram and/or a generated noise histogram compute a 
spectral gain function (this is done by computing the histogram of the noise 
signal's amplitudes. The peak of the smoothed histogram is chosen as the noise 
amplitude estimate. These calculations are further used to estimate the noise-to- 
signal ratio, column 4 lines 35-43), every time that a histogram calculation would 
be used it would have to be updated so it can represent the new data and 
normalized to the new setting so the calculations can be accurate. A weighted 
histogram bin is represented by a number of amplitudes that have been 
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represented by histogram calculations and have certain weights or importance 
and the peak amplitude is chosen as the noise amplitude. It would have been 
obvious to one having ordinary skill in the art at the time the invention was made 
to have modified the noise reduction method as disclosed by Johnson with the 
counter and slew rate of Bizjak and the histogram of Hermansky. Doing so would 
allow to keep track of the slew rate with the counter allowing to detect non- 
stationary noise and using a histogram would allow to make a more accurate 
estimation of a stationary noise signal level and clean speech signal. Since the 
power of the clean speech signal is unknown, the power of the available noisy 
signal can be used, thus obtaining an estimate of the noisy signal-to-noise ratio, 
Hermansky column 4 lines 39-41). 



As to claim 13, Johnson and Adlersberg do not specifically disclose 
measuring an error period. Bizjak teaches sampling a slew rate to make a 
distinction of speed of smoothing (see paragraph [0327] lines 1-10) and 
calculating the error of speed tracking (see paragraph [0338] lines 20-24). It 
would have been obvious to one having ordinary skill in the art at the time the 
invention was made to have modified the spectral gain function method of 
Johnson with the use of the calculation of the error as disclosed by Bizjak, by 
doing so it would have been easier to calculate ramping noise signals with the 
use of errors and threshold values (see paragraph [0338] lines 20-24). 
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As to claim 14, Johnson and Adlersberg do not specifically disclose a 
counter reset. Bizjak teaches using a clip event counter as an input and a reset 
clip counter as outputs (see table A in paragraph [0237]). It would have been 
obvious to one having ordinary skill in the art at the time the invention was made 
to have modified the spectral gain function method of Johnson with the use of a 
counter reset as disclosed by Bizjak. Doing so would allow to calculate new 
values that do not carry old values that might compromise the integrity of the 
present values. 

As to claim 1 5, Johnson discloses noise reduced output signal frame is 
overlapped and added to previous noise reduced output signals frame (Johnson 
teaches overlapping adjacent frames (see column 15 lines 33-36) and using the 
immediately previous frame (see column 1 5 lines 41 -46). 

As to claim 18, Johnson discloses the method of reducing noise wherein 
the entire process is repeated responsive to the presence of additional input 
speech signal frames (Johnson a state transition diagram of the enclosed 
invention where the process is repeated upon receiving speech signals) (see 
figure 2). 



r 
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As to claim 28, Johnson discloses a system for noise cancellation (see 
abstract lines 1-3) comprising: a first input means operable connected to a 
processor said first input means receiving a speech signal (Johnson explains that 
in spectral subtraction an input signal is received and converted to components 
(see column 1 lines 47-50) by a digital signal processor (see column 5 lines 60- 
67)); an output means operable connected to said first and second input means 
and said output speech signal (The noise suppression device modifies 
magnitude of the time domain data based on the voicing information outputted 
form the voice activity detector (see abstract 16-19)); and, a processing means 
operably connected to said first and second input means and said output means 
(this is done by the digital signal processor (see column 5 lines 60-67)), said 
processing means comprising a control and storage means (see column 6 lines 
1-6), a first filtering means, a second filtering means (a first or pre-filter is used to 
remove dc components and a second (Wiener) filter is used to smoothen the 
signals (see abstract)), a voice activity detector (see abstract lines 18 and 19), 
and a sampling and adjustment means (the sampling is done by the breaking of 
the signals into components (see abstract lines 1-5) and the adjusting is done by 
the automatic gain control module (see figurel # 30)), said voice activity detector 
detects and attacks noise activity on a frequency channel as a function of 
conditional comparisons of received signal-to-noise ratios and average signal-to- 
noise ratio thresholds (computing the average energy of the overall signals then 
compares it to the incoming signals and analyzes the relationship between the 
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energies of which are composed of calculated SNR values and used to 
determine levels of SNR in the received signal and the average signals, column 8 
lines 46-67). 

Johnson does not specifically disclose using a second input means 
operably connected to said processor wherein historical speech and noise data 
may be entered into a control and storage means for access by said processor. 
Adlersberg teaches a noise reduction system (see abstract), of which applies an 
estimated noise history to signal frames to compute a spectral gain function (the 
gain function that is calculated depends on the prior and posterior signal-to-noise 
ratios, which are historical values) (see column 7 lines 45-50); Johnson also 
does not disclose specifically using a noise step detector. Bizjak teaches a signal 
processing method where the slew rate is calculated and applied to non-linear 
smoothing which keeps the output signal under the clipping threshold (see 
paragraph [0326] lines 12-17). It would have been obvious to one having 
ordinary skill in the art at the time the invention was made to have modified the 
noise reduction method of Johnson with historic SNR values for gain function 
calculation as disclosed by Adlersberg and with the use of the calculation of the 
slew rate as disclosed by Bizjak. Doing so would have given an accurate 
statistical estimator of how the gains in each frame should change according to 
the past SNR values and it would have also been easier to calculate ramping 
noise signals since the slew rate calculate the rate of change of the noise signal 
in time (see Bizjak paragraph [0326] lines 14-18). 
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As to claim 29, Johnson discloses first filtering means filters Signal-to- 
Noise Ratio magnitudes and signal magnitudes (Johnson clearly explains that in 
the first process of spectral subtraction for noise suppression a filter is used to 
estimate the power spectral density, thereby generating a signal-to-noise ratio 
(see column 1 lines 52-55). 

As to claim 31 , Johnson discloses the noise activity being ramping, non- 
stationary, or both (ramped noise is defined as a non-stationary noise like a car 
passing at a distance. Johnson teaches using non-stationary noise that can 
come from a passing car) (see column 3 lines 14-19). 

As to claim 32, Johnson does not disclose specifically the noise step 
detector detects and attacks a stepping noise component on said frequency 
channel. Bizjak teaches a signal processing method where the slew rate is 
calculated and applied to non-linear smoothing which keeps the output signal 
under the clipping threshold (see paragraph [0326] lines 12-17). It would have 
been obvious to one having ordinary skill in the art at the time the invention was 
made to have modified the spectral gain function method of Johnson with the use 
of the calculation of the slew rate as disclosed by Bizjak, by doing so it would 
have been easier to calculate ramping noise signals since the slew rate calculate 
the rate of change of the noise signal in time (see paragraph [0326] lines 14-18). 
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6. Claims 16 and 17 are rejected under 35 U.S.C. 103(a) as being unpatentable 
over Johnson (US 6,415,253) in view of Adlersberg et al. (US 5,012,519) as applied to 
claims 1, 23, 28 and 35 and in further view Sluijter et al. (US 6,985,855) and in further 
view of Bizjak et al. (US PGPub 2003/0035549) and Hermansky et al. (US 6,098,038). 

As to claim 16, Johnson discloses using the average noise from the input 
signal (see column 8 lines 46-55). Johnson does not disclose specifically 
average noise is filtered from the noise reduced output signal frame. Sluijter 
teaches a post-process of filtering an output signal that passes through a 
synthesis filter and using a threshold value to see if noise exists in the signal (see 
column 2 lines 47-59). When noise is detected it is then reduced, column 1 1 
lines 50-60. It would have been obvious to one having ordinary skill in the art at 
the time the invention was made to have modified the noise signal disclosed in 
Johnson with the post-process of Sluijter. Making the post-processing means 
dependent of the background noise the speech quality can be improved (see 
column 2 lines 55-60). 



As to claim 17, Johnson does not disclose specifically the step of filtering 
said average noise comprises adapting a post-processed noise level to an 
acceptable level. Sluijter teaches a post-process of filtering an output signal that 
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passes through a synthesis filter and using a threshold value to see if noise 
exists in the signal (see column 2 lines 47-59). When noise is detected it is then 
reduced, column 1 1 lines 50-60. It would have been obvious to one having 
ordinary skill in the art at the time the invention was made to have modified the 
noise signal disclosed in Johnson with the post-process of Sluijter. Making the 
post-processing means dependent of the background noise the speech quality 
can be improved (see column 2 lines 55-60). 

7. Claim 33 is rejected under 35 U.S.C. 103(a) as being unpatentable over Johnson 
(US 6,415,253) in view of Adlersberg et al. (US 5,012,519) as applied to claims 1 and 
28, and in further view of Bizjak et al. (US PGPub 2003/0035549) and Hermansky et al. 
(US 6,098,038). 

As to claim 33, Johnson and Adlersberg do not disclose specifically 
sampling and adjusting means samples and adjusts a slew rate and a histogram 
of said output speech signal. Bizjak teaches a signal processing method where 
the slew rate is calculated and applied to non-linear smoothing which keeps the 
output signal under the clipping threshold (see paragraph [0326] lines 12-17). 
Hermansky teaches using an estimated noise histogram and/or a generated 
noise histogram compute a spectral gain function (this is done by computing the 
histogram of the noise signal's amplitudes. The peak of the smoothed histogram 
is chosen as the noise amplitude estimate. These calculations are further used 
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to estimate the noise-to-signal ratio) (see column 4 lines 35-43). It would have 
been obvious to one having ordinary skill in the art at the time the invention was 
made to have modified the spectral gain function method of Johnson with the. use 
of histogram calculations as disclosed by Hermansky and the calculation of the 
slew rate as disclosed by Bizjak. Doing so would have allowed to make an 
accurate estimation of the noise signal and clean speech signal. Since the power 
of the clean speech signal is unknown, the power of the available noisy signal 
can be used, thus obtaining an estimate of the noisy signal-to-noise ratio (see 
Hermansky column 4 lines 39-41 ), and by the used of the slew rates it would 
have been easier to calculate ramping noise signals (see Bizjak paragraph 
[0326] lines 14-18). 



Conclusion 

Any inquiry concerning this communication should be directed to Josiah 
Hernandez whose telephone number is 571-270-1646. The examiner can 
normally be reached from 7:30 pm to 5:00 pm. 

If attempts to reach the examiner by telephone are unsuccessful, the 
examiner's supervisor, Xiao Wu can be reached on (571 ) 272-7761 . The fax 
phone number for the organization where this application or proceeding is 
assigned is 703-872-9306. 
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the Patent Application Information Retrieval (PAIR) system. Status information 
for published applications may be obtained from either Private PAIR or Public 
PAIR. Status information for unpublished applications is available through 
Private PAIR only. For more information about the PAIR system, see http://pair- 
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system, contact the Electronic Business Center (EBC) at 866-217-9197 (toll- 
free). 
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